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(54) Alternative telephone call routing system

(57) A telecommunication system includes a source

private branch exchange (12) that transmits telephone,

calls from a source to a destination private branch

exchange (26) over a public switched telephone net-

work (1 8). As an alternative to transmitting the calls over

the public switched telephone network, the private

branch exchange is coupled to a telephony Internet

server 30 that can transmit telephone calls over a global

wide area computer network such as the Internet (32).

The private branch exchange (12) queries the destina-

tion private branch exchange (26) to determine if it sim-

ilarly coupled to a telephony Internet server. If so, the

bandwidth used by the telephony Internet server will

allow the transmission of the telephone call, the call is

routed over the Internet (32) to the intended recipient.
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net back to the public switched telephone network.

Brief Description of the DrawingsField of the Invention

[0001] The present invention relates to communica-

tion systems, and in particular to systems for selecting

alternative routes for telephone calls.

Background of the Invention

[0002] As business is conducted over ever expanding

geographical areas, the use of telecommunication serv-

ices to transmit voice and data signals is continually

increasing. As a result of the increased use of these

services, the cost for such services becomes a signifi-

cant part of the cost of doing business. Therefore, most
businesses are continually looking for ways to reduce

their communication costs.

[0003]' One known method of obtaining "free" tele-

phone calls is to transmit the calls via a global wide area

computer network such as the Internet. In effect, these

calls are not free because the user leases the telephone

lines that are used to provide their Internet access, how-

ever, calls placed over the Internet are not separately

.
billed.

[0004] In the past, it has not been posstole to seam-
lessly integrate the. Internet as an alternative mute for

transmitting telephone calls because there is no way of

knowing whether an intended recipient has the ability to

receive calls.

[0005] Given the shortcomings in the prior art. there is

a need for a telephone communication system that can
reduce communication costs by automatically determin-

ing when it is possible to transmit calls on the Internet to

utilize excess bandwidth.

Summary of the Invention

[0006] To reduce the cost associated with transmitting

telephone calls over a public switched telephone net-

work (PSTN), the present invention is a communication

system that transmits calls from a source private branch

exchange or central office to a destination private

branch exchange or central office. The source private

branch exchange is coupled to a telephony Internet

server that can transmit a call over a global wide area

computer network such as the Internet. To determine

whether the call can be transmitted over the Internet

the source private branch exchange transmits a mes-
sage to the destination private branch exchange over

the PSTN to determine whether it is similarly equipped

with a telephony Internet server. If so. and the band-

width available on the Internet will accommodate an
additional call, then the telephone call is routed to the

Internet

[0007] The quality of the call placed on the Internet is

continually monitored. If the quality drops below a pre-

determined threshold, the call is rerouted from the Inter-

5 [0008] The foregoing aspects and many of the attend-

ant advantages of this invention will become more read-

ily appreciated as the same becomes better understood

by reference to the following detailed description, when
taken in conjunction with the accompanying drawings.

io wherein:

FIGURE 1 is a block diagram of a communication

system in accordance with the present invention;

and
is FIGURE 2 is a flow chart of the steps performed by

the present invention to select the most appropriate

path to route a telephone call.

Detailed Description of the Preferred Embodiment
20

[0009] The present invention is a communication sys-

tem that can automatically determine whether to route a
telephone call on a public switched telephone network
or on a alternative path, such as the Internet, in order to

ss reduce communication charges.

[0010] As shown in FIGURE 1 . the communication
system 10. according to the present invention, includes

a source private branch change (PBX) 12 that connects
a telephone call between a number of user input

30 devices and a public switched telephone network

(PSTN) 18. The input devices may be standard tele-

phones 14. a video conferencing system 16 or other

types of communication systems such a facsimile

machine, etc. Calls from a user input device are typically

35 routed by the PBX 12 on the public switched telephone
network 18 to a intended receiver. The intended

receiver may be a conventional telephone 22 or a corre-

sponding video conferencing system 24. facsimile

machine, etc. The intended receivers are generally cou-
to pied to the public switched telephone network 18

through a destination private branch exchange PBX 26.

[001 1 ] As described above, each time a user places a
call on the public switched telephone network 18, they

are charged for the use of the service. An alternative

45 method of transmitting a telephone call is through the

use of a global wide area computer network such as the

Internet To transmit these calls, telephony Internet

server 30 is coupled to the PBX 12. The telephony Inter-

net server receives a digitized telephone signal, com-
so presses the signal, and arranges the compressed signal

into a series of data packets. An Internet address is

added to each packet and the packets are transmitted

over the Internet 32 to a receiving tejephony Internet

server 34. that is coupled to the receiving PBX 26. At

55 the receiving telephony Internet server, the packets are

decompressed, combined back into a serial data
stream, and supplied to the PBX 26.

[001 2] To reduce the cost of communication services.
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the communication system of the present inventor,

determines when it is possible to^ a tetePhonecall

on the Internet 32 rather than on the PSTN 18. In partc-

ular. if a desired recipient's PBX 26 equipped wrtha

telephony Internet server, and the bandwrith being

useS by such a server can handle the addrtional traffic

then a telephone call can be muted on the Internet to

avoid paying the additional charges that would be

ESSLSKS call were transmitted on the PSTN 18.

[0013] FIGURE 2 is a flow chart of the steps 50 per-

formed by the PBX 12 shown in FIGURE 1 .reorder to

determine whether a call should be muted on the PSTN

18 or on the Internet 32. Beginning wth a step 52, the

source PBX receives a telephone number of an

intended recipient from a user input dev.ce such as a

telephone, Video conferencing system. facs.m.le

rnachine. etc. At a step 54. the source:PBX determines

whether the telephone number received is in the list of

recently placed Internet calls. If the answer to step 54is

no. then the PBX 12 begins to place the call
I

onthe

PSTN 18 using an ISDN or other similar digital format.

r0014] As the call is being set up. the source PBX

Lnsmrts an information element fieW that indicates the

source PBX has a telephony Internet server with the

ability to route the call over the Internet. This

element field is received by the destination PBX and

decoded. The destination PBX then responds if rt ,s sim-

ilarly equipped with a telephony-lnternet server and rf so

includes with the response the Internet address
>

rts

telephony Internet server. At step 60. the sending PBX

determines whether a reply has been received wrth an

address of a destination telephony Internet server

within a predetermined time limit. This time ..mrt may be

fixed or variable depending on who is attempting to

place a call. For example, if the call is placed from an

executive phone, then the time limit used before con-

necting a call on the PSTN may be snorter than the time

limit used for calls that originate from the mailroom. If

the answer to step 60 is no, then the call set up is com-

pleted on the PSTN at a step 62 in a conventional man-

[001 5] If the answer to either the step 54 or 60 .s yes.

hen the PBX forwards the address of the destnation

telephony Internet server to the telephony Internet

server that is coupled to the source PBX at a step 62^

The telephony Internet server.uses this address to send

the packetized telephone call to the intended receiver

on the Internet at a step 64. Calls may be |mmed,atdy

rerouted from a PSTN to the Internet upon the determi-

nation on that the receiver is equipped wrth a te ephony

Internet server. If a response is received ^.eating that

the call can be routed on the Internet after the call has

already been set up on the PSTN, then the call can be

swrtched to the Internet after «rh™ P*'* *!
minimum billing increment on thePSTK For example rf

a call is initially set up on the PSTN and the PSTN b.l s

in one minute increments, the call would be swrtched to

the Internet at the end of the minute

[0016] At any time the quality of the data transmission

carried by the telephony Internet servers may degrade

such that the call cannot be properly transmitted on the

Internet. Therefore, at a step 66, the source PBX que-

;
ries the telephony Internet server regarding the quality

of the call placed on the Internet. Typically, quality is

measured by the number of data packets that are trans-

mitted in a given amount of time and the delay intro-

duced by the telephony Internet servers and the

network that extends between them to send the pack-

ets. Methods for establishing a level of quality on a

packetized data network such as the Internet are con-

sidered well known to those of ordinary skill in the art

and therefore need not be discussed in further detail,

is [0017] At a step 68. the sending PBX determines

whether the quality of the telephone connection is suffi-

cient to continue the call. H so, processing returns to

step 66 until either the quality degrades or the call is fiiy

ished. If at step 68 H is determined that the quality is

so insufficient to carry the call, then the source PBX can

reroute the telephone call to the intended recipient on

the PSTN at a step 70 without user intervention.

[0018] As can be seen from the above description, the

present invention is a communication system having

25 alternative paths on which a call can be routed. By

determining whether an intended recipient has the abil-

ity to transmit data on an alternative path such as the

Internet, the alternative path can be used instead of a

traditional PSTN. Telephone calls placed on alternative

30 paths avoid the charges that are incurred each time a

call is transmitted on the PSTN.

[0019] Although the present invention has been

described with respect to the preferred embodiment, it

will be appreciated by those skilled in the art that

ss changes can be made For example, it is possible that

the telephony Internet servers could be located at a

central telephone office for users that are not connected

to the PSTN through a private branch exchange. The

central office would query whether a central office that

40 serves the intended recipient is connected with a

telephony Internet server and. based on the answer,

could route a telephone call either on the Internet or on

the PSTN.

45 Claims

The embodiments of the invention in which an

exclusive property or privilege is claimed are defined as

follows:

50

1. A method of muting a telephone call over a public

switched telephone network or a global wide area

computer network, comprising:

ss receiving a telephone number that is associ-

ated with a desired recipient of the telephone

call;

setting up a telephone call to the desired reap-

3
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ierrt on the public switched telephone network;

determining whether the recipient has a capa-

bility to receive the telephone call on the global

wide area computer network before the tele-

phone call is connected a the public switched 5

telephone network; and

connecting the telephone call on the global

wide area computer network if the recipient has

the capability to receive the telephone call on

the global wide area network. to

2. The method of Claim 1 . wherein the telephone call

is transmitted on an ISDN line over the public

switched telephone network and wherein the step

of determining whether the recipient has the capa- is

bility to receive the telephone on the global wide

area computer network comprises:

transmitting a signaling packet to the desired

recipient that indicates that a source of the tel- so

ephone call is equipped with a telephony Inter-

net server, and
receiving from the desired recipient a signaling

packet that indicates that the desired recipient

is equipped with a telephony internet server. 25

3. The method of Claim 2, further comprises:

monitoring a time period before a signaling

packet is received from the desired recipient 30

that indicates that the desired recipient is

equipped with a telephony internet server: and

comparing the time period with a predeter-

mined time threshold and if the time period

exceeds the time threshold, then completing 35

the telephone call set up on the public switched

telephone network.

4. The method of Claim 3, wherein the time threshold

is varied depending on the source of the telephone to

call.

5. The method of Claim 3, further comprising:

determining if a signaling packet is received 45

from the desired recipient that indicates the

desired recipient is equipped with a telephony

Internet server after the telephone call has

been set up on the public switched telephone

network, and if so, connecting the telephone so

call on the global wide area computer network

at the and of a minimum billing increment of the

public switched telephone network.

6. The method of Claim 1 . further comprising monitor- 55

ing the quality of the telephone call on the global

wide area computer network; and

transfering the telephone call to the public

switched telephone network "rf the quality is

degraded.

7. The method of Claim 6, wherein the telephone call

transmitted as a number of data packets on the glr>

bal wide area network and wherein the step of mon-
itoring the quality of the telephone call on the global

wide area network comprises:

determining the rate at which data packets are

sent by and received by the telephony Internet

servers; and
determining if the rate of the data packets is

less than a rate threshold and if so. declaring

the quality of the telephone call to be degraded.

8. The method of Claim 6, wherein the telephone call

is transmitted as a number of data packets on the

global wide area network and wherein the step of

monitoring the quality of the telephone call on the

global wide area network comprises:

determining a delay time required before a data

packet is transmitted on the global wide area

network; and

determining if the delay time is greater than a
delay time threshold and rf so declaring the

quality of the telephone call to be degraded.

9. The method of Claim 6, wherein the telephone call

is transmitted as a number of data packets on the

global wide area network and wherein the step of

monitoring the quality of the telephone call on the

global wide area network comprises:

determining a rate at which data packets are

transmitted and received by the telephony

Internet servers and a delay time required

before a data packet is transmitted on the glo-

bal wide area network;

comparing the rate and delay time to a rate and
delay time threshold and if the rate is less than

the rate threshold, or if the delay time is greater

than the delay threshold, declaring the quality

of the telephone call to be degraded.

10. A communication system for muting a telephone

call over a public switched telephone network or

over a global wide area computer network, com-
prising:

a private branch exchange that connects calls

between one or more source telephones and
the public switched telephone network;

a telephony Internet server, coupled to the pri-

vate branch exchange that can route a tele-

phone call over the global wide area network,

wherein the private branch exchange operates
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